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(54) Loudspeaking telephone 

(57) In a loudspeaking telephone the transmit channel and the receive channel include respective attenuators (AT3, 
AT7) which are controlled by a microprocessor {M11)in accordance with the relative AC signal strength in those 
channels. This is done by tapping off these signals via analogue-digital converters (C10, C12) whose outputs go to the 
microprocessor (M 1 1 ). This assesses which is the active channel and adjust the attenuators (AT2, AT7) accordingly. 

In the idle or standby state, both attenuators are set at their mid-points, and when the attenuator settings have to 
be altered, the attenuation is decreased step-wise in the active channel and increased step-wise in the passive 
channel. The increases and decreases are so done that the sum of the attenuations provided by the two attenuators is 
substantially constant and the switching threshold is adjusted according to the coupling between the channels. 
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SPECIFICATION 
Loudspeaking telephone 

5 This invention relates to electronic circuits for use in loudspeaking or handsfree telephones. 5 
In our Appln. No. 8216845 (Serial No. 2122851 A) (P. F. Blomley 8) we have described a handsfree 
telephone system to which the present invention may be applied. In that system, the handsfree microphone 
is connected via a transmit channel including an amplifier, an attenuator and another amplifier to the line 
interface. The line interface is connected via a receive channel including an amplifier, another attenuator and 
10 yet another amplifier to the loudspeaker. The signals in the two channels are passed via respective 10 
analogue-digital converters to a comparator which assesses from the relative signal amplitudes which is the 
active and which the passive channel. It then decreases the attenuation in the active channel. This avoids the 
"singing" due to coupling between the two channels which is the bane of many loudspeaking or handsfree 
systems. 

15 An object of the invention is to provide improvements to the system of the above-mentioned application, 1 5 
although it will be appreciated that the present invention is applicable to other loudspeaking or handsfree 
sets. 

According to the invention, there is provided an electronic circuit for use in a loudspeaking or handsfree 
voice telephone system which includes a first analogue-digital converter to which the signal in the system's 

20 transmit channel is applied and which derives therefrom a succession of digital combinations each 20 
representing the current amplitude of the AC signal in that channel, a second analogue-digital converter to 
which the signal in the systems receive channel is applied and which derives therefrom a succession of 
digital combinations each representing the current amplitude of the AC signal in the receive channel, 
comparator means to which the digital combinations from the two converters are applied and which derives 

25 therefrom a control output which indicates which of the two channels is to be activated, a first attenuator in 25 
the transmit channel, a second attenuator in the receive channel, and control connections from the 
comparator means by which said control output controls the attenuator via said control connections, the 
control being such that 

(a) in the standby condition in which there is little or no AC signal in either channel, the attenuators are set 

30 to a condition midway or approximately midway between their highest and their lowest values, 30 

(b) if a speech signal is detected in one channel and not in the other, or if a speech signal in one channel 
has an amplitude which is larger by at least preset threshold than the speech signal in the other channel, the 
attenuators are so adjusted that the value of the attenuation in said one channel is decreased in a step-wise 
manner while the value of the attenuation in the other channel is increased in a step-wise manner, 

35 (c) the above threshold is altered in accordance with the level of coupling between the two channels, and 35 
(d) the overall sum of the attenuations in said two channels remains substantially constant. 
An embodiment of the invention will now be described with reference to the accompanying drawings, in 
which 

Figure 1 is a highly simplified block diagram of a handsfree telephone embodying the invention. 
40 Figure 2 is a simple schematic of part of the circuitry of Figure 1. 40 
Figure 3 is a more detailed block diagram of the arrangements shown in Figure 1, but excluding the 
microprocessor. 

From these drawings, the similarities between the embodiment described and the system of our 
above-mentioned application wilt be readily apparent. 
45 We now consider the simple block diagram, Figure 1 . Here we see the handsfree microphone, which in this 45 
case is an electret microphone connected via na amplifier A2, a switch S1 shown in the position for 
handsfree operation, an attenuator AT3 and another amplifier A4 to a line interface L1 5. This gives the set 
access to a telephone line. 
The line interface L1 5 is a Iso connected via an amplifier A6, attenuator AT7, switch S2 shown set for 
50 handsfree operation, and another amplifier A8 to the loudspeaker 9. 50 
The handset transducers are also connected via amplifiers to contacts of S1 and S2, which are contacts of a 
switch in the telephone which is manually settableto the "handset" or "handsfree" condition. 

The input to AT3 is also connected via an analogue-digital converter C10 to a microprocessor M 11, which 
is also connected to SI and S2. Hence changes in the settings of SI and S2 are controlled by Ml 1 . This 
55 microprocessor can also control the attenuators AT3 and AT7 via the dashed-line connections shown. The 55 
microprocessor also has an input from another analogue-digital converter C1 2 via which the incoming 
speech signals from the remote exchange are noted. It also has inputs from the instrument's keyboard and 
other inputs 113, and auxiliary outputs C14. 
The attenuators have a range of 0 to 60 dB, in 4dB steps, adjustments to their settings being made under 
60 control of the microprocessor Ml 1. In the rest or standby state the attenuators are both set to the midpoints 50 
of their ranges, i.e. to 30 dB. During operation the AC (speech) levels in the transmit and receive paths are 
each connected by the converters C1 1 and CI 2 into digital words at preset intervals and each pair of words is 
compared by the microprocessor M1 1 , which thus determines which is the active channel. Then the 
microprocessor causes the attenuation to be decreased in the active channel and increased in the passive 
65 channel. The reduction in attenuation in the active channel and the increase in the passive channel are so 65 
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done that the sum of the two attenuations value is constant. Thus the attenuation of the loop which includes 
noise guard. 

I^IZT ^^£*nVK5^ and the attenuators are attheir nomina. centra, settings, 
b Tctt Y Speech J resent and the active path is in the nominal i on state, with the pass.ve path 
attenuation determined by the sum of the two attenuates. 

When speech ceases on the active channel the attenuators remain unchanged for a 10 
time TH, approximately 200 ms, to avoid speech clipping, before Rampdown. 

dB * L • ■ a ^ j +Ua annmnrifl tP channel is switched on immediately, to avoid clipping. 1 5 
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programme loop time of 1 ms gives a filter frequency of 62 Hz. The higher envelope frequencies are taken 
out f whereafter the minimum mean envelope MME measured over 1 sec is taken as the background noise 
over that period. If MME over 1 sec is less than TNL, then TNL is decremented by unity, while if it is greater 
than TNL, TNL is incremented by unity. Thus TNL is adjustable by 4 dB steps, one per second. 
5 The attenuators are adjusted as a function of TNL, and full adjustment is required to occur at or above a 5 
sound pressure level of 57 dBA. 

Noise measurement is only effected when the receive channel is not active, so that the received signal is 
not interpreted as noise via the feedback path between the two channels. 

The transmit path noise guard cannot be used in the receive path as it would be improperly effected by call 
10 progress tones which last longer then 1 sec. Hence the receive channel's UTis varied in accordance with 10 
receive signal level, so that on long lines it is minimum, becoming larger on short lines. 

Volume control uses two push buttons, one to increase volume and one to decrease it, in each case in 
steps of 4 dB per button depression. 

At this point it is convenient to summarize the speech envelope derivation. For each channel the hardware 
15 consists of a digitally controlled (via the processor) attenuator A20-A21, Figure 2, a comparator C22, and 15 
reference voltage, and a set/reset latch L23, which is set by the comparator and reset under processor 
control. 

Envelope derivation occurs for the transmit and receive signals at a rate determined by the main 
programme loop, approximately 1 ms, and is software controlled. The latch serves to record the event of an 
20 input signal exceeding the appropriate current envelope level. 20 
At entry into the envelope part of the software, if it is found by testing the latch output that the input signal 
has exceeded the last digitised value, then this value output to the attenuator stage is incremented one step 
(4 dB) at a time until the latch output becomes zero. During this process the latch is held reset such that it 
follows inversely the comparator output. The envelope timer is now set, and the latch taken out of the reset 
25 state. The setting of A20 is taken as the current digital value of the speech envelope. 25 
Conversely, if the input does not exceed the envelope value and the time out has expired the envelope is 
decremented by one step and the timer set 

if a receive speech signal ends abruptly, the wrong path switching margin may be reduced because of the 
finite propagation time of the directly-coupled acoustic path from loudspeaker to microphone. Thus if the 
30 receive signal ends abruptly, the coupled signal referred to continues unchanged for a brief period given by 30 
the propagation time mentioned above. It then falls to the room reverberation level and ultimately decays to 
the ambient noise level. Hence there is an envelope hold time included in the information on which the 
microprocessor works, so that in the case of such a sudden cut off a reasonable level wrong path switching 
margin is retained. 

35 The keypad of the instrument has a 1 6 button keypad, 1 2 of which are the usual signalling buttons of a 35 
push-button set. The others are Volume Up, Volume Down, Handsfree and Mute. 
The system has five modes of operation: 

(1 ) Idle - no action, apart from the subscriber keying in a wanted number. 

(2) Handsfree - voice switching is applied using the loudspeaker and subset microphone. 

40(3) Handset - voice switching applied using the handset transducers only. 40 

(4) Monitor - listen only using the loudspeaker, there being no voice switching. 

(5) Group Listening - voice switching using the handset transducers and the loudspeaker. 

The change from mode to mode depends on the state of the hook-switch, and the operation of the 
Handsfree and Mute button. These are set by the user in accordance with manufacturer's instructions, and 
45 the settings of these switches is monitored by the microprocessor and the results of the monitoring added 45 
on to control the circuit. 



CLAIMS 



50 i. An electronic circuit for use in a loudspeaking or handsfree voice telephone system, which includes a 50 
first analogue-digital converter to which the signal in the system's transmit channel is applied and which 
derives therefrom a succession of digital combinations each representing the current amplitude of the AC 
signal in that channel, a second analogue-digital converter to which the signal in the system 's receive 
channel is applied and which derives therefrom a succession of digital combinations each representing the 

55 current amplitude of the AC signal in the receive channel, comparator means to which the digital 55 
combinations from the two converters are applied and which derives therefrom a control output which 
indicates which of the two channels is to be activated, a first attenuator in the transmit channel, a second 
attenuator in the receive channel, and control connections from the comparator means by which said control 
output controls the attenuator via said control connections, the control being such that 

60 (a) in the standby condition in which there is little or no AC signal in either channel, the attenuators are set 60 
to a condition midway or approximately midway between their highest and their lowest values, 

(b) if a speech signal is detected in one channel and not in the other, or if a speech signal in one channel 
has an amplitude which is larger by at least a preset threshold than the speech signal in the other channel, 
the attenuators are so adjusted that the value of the attenuation in said one channel is decreased in a 

65 step-wise manner while the value of the attenuation in the other channel is increased in a step-wise manner, 65 
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(c) the above threshold is altered in accordance with the level of coupling between the two channels, and 



35 



15 



tc) tne auove iiirc^iiwuj to oi^i^« ... wwv- * - . . 

(d) the overall sum of the attenuations in said two channels remains substantially constant. 
2. An electronic circuit for use in a loudspeaking or handsf ree telephone which includes a 'first 
analogue-digital converter to which the signal in the telephone's transm.t channel .s a PP 1 ^ ^ whwh 
derives therefrom a succession of digital combinations each representing the current amplitude of the AC 
5 signaHn th fchannel. a second analogue-digital converter to which the signal in the rece.ve channel ,. 5 
aoolied and which derives therefrom a succession of digital combinations each representing the current 
am^Utude ofthe AC signal in the receive channel, comparator means to which the d.g.ta. comb.nat.ons from 
thTtwo converters are applied and which derives therefrom a control output wh.ch ind.cates wh eh of the 
twoThannels > £ to be activated, a first attenuator in the transmit channel, a second attenuator m the rece.ve 
10 In™ Tend contrdconnections from the comparator means by which said control output controls the 10 
attenuator via said control connections, the control being such that 

(a) in ne standby condition in which there is little or no AC signal in either channel, the attenuators are set 
to a condition midway or approximately midway between their highest and their lowest values, 

(b) W "a Swch signal is detected in one channel and not in the other, or if a speech signal m one channe 
15 has in amptuude wh ch is larger by at least a preset threshold than the speech signal m the other channel, 

rinl L are so adjusted that the value of the attenuation in said one channel is decreased in a 
' *tenuation in the other channel is increased in a step-wise manner. 

Ke abTe threshold being altered in accordance with the .evel of coupling between the two channels, 

20 an (d) the overall sum of the attenuations in said two channels remains substantially constant 20 
3 An electronic circuit as claimed in claim 1 or 2, wherein the comparator means is provided by a digital 

two channetcZge, the alternations to the attenuators' settings to increase the attenuate .n one of sa.d 
25 channels is effected only after the elapsement of a preset time interval. ...... ,- * K » 

25 channels « effected on.y " . 1 , 2, 3 or 4. wherein the threshold by wh.ch the signal m the 

JJSSSSS^S^i the signal in the receive channe. is variable in accordance with the transm.t 

"I'' Antectronic circuit as claimed in claim 5, wherein the threshold is dependent on the value of a signal ^ 

30 derived from the transmit channel via a low-pass filter. ■ 
denved from he t ^ ^ ^ jg ^ ted ^ e 

mlnner by the microprocessor, and wherein the implementation involves determinations on the bases of a 
signalts detected S the receive channe. is automatically adjusted in accordance w,th rece.ve channe. signal 



35 



16 a 6 '' An electronic circuit as claimed in any one of claims 1 to 8, and wherein the circuitry operations for 
conuouing which channe. is active also performs the same functions when the crcu.t ,s operatmg ,n a 

"T AfeSct^circuit for use in a loudspeaking or handsfree te.ephone. substantially as described with 40 



40 

reference to the accompanying drawings. 
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